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QUALITY DETERMINATION FOR ^ 9. April 2003 

A WIRELESS COMMUNICATIONS LINK 



DESCRIPTION 

Field of the Invention 

The present invention generally relates to signal transmissions in a wireless commu- 
nications environment. M9re specifically, tlie invention relates to the quality determi- 
nation of communications links that are used to transmit encoded signals. 

Background of the Invention 

In adaptive communications systems lllce UMTS, EDGE, or the 5 GHz WLAN systems 
(IEEE 802.11a, HiperLAN2, and HisWANa), transmission parameters like transmit 
power, code rate, and/or modulation scheme are adapted to the Instantaneous 
conditions of communications links and, in particular, to channel conditions in order 
to make efficient use of the available resources. One key ingredient in these 
adaptation schemes is the so-called channel quality information (CQI) or 
communications link quality measurement (LQM), respectively. CQI or LQM stand for 
an assessment of link parameters, like a signal-to-noise ratio (SNR), multipath tap 
weights, etc. 

A specific problem of CQI is the error-rate prediction for signal transmissions via 
multi-state communications links, e.g. coded transmissions over multi-state channels. 
The expression multi-state means that during the transmission of a signal or portions 
thereof (e.g. one code word) using a specific modulation and coding scheme (MCS), 
the communications link or channel state is varying. In the case of the instantaneous 
SNR or signal-to-interference ratio (SIR), this can be formally expressed by: 

Vk = y/SNRk Xk + Zk, ,k = l,...,N, , 1.1 



wherein SNRk denotes the communications link SNR (channel state), which is experi- 
enced at instance k, and N is the number of considered signal portions per transmit- 
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ted Signal ( e.g. the number symbols per code word). Here, the mean power of sig- 
nal portions (code synnbols) Xk and noise samples Zk are assumed to be equal to one. 

There are numerous examples where these multi-state communications links appear. 
Three frequent situations shall be briefly mentioned in the following: 

- Transmission over time-selective, 

- frequency-selective, and 

- space-selective channels. 

An example for the transmission over a time-selective communications link is the 
physical layer transmission of UMTS. In general, the 5 MHz bandwidth of UMTS also 
leads to a frequency-selective channel. The information is encoded in the time do- 
main and organized such that the incoming information is grouped, coded, and 
transmitted in so-called transmission time intervals (TTls) of variable lengths (e.g. 
10, 20, 40 or 80 ms). 

One TTI directly corresponds to one code word. The received TTl symbols or soft 
bits after Rake combination are taken as decoder input. The channel SNR, or equiva- 
lently the channel state, experienced by these symbols is in general varying over 
time. The degree of variation depends on the vehicular speed. 

One example for the time selectivity of a UMTS channel is depicted in Fig. 1. This is 
one snapshot for a vehicular speed of 120 km/h at a carrier frequency of 2 GHz as- 
suming flat fading. The circles mark the beginning of the so-called slots, the length of 
which is 10/15 ms. The SNR values corresponding to the depicted circles may consti- 
tute the channel states SNRr. It should be noted that the SNR values are normalized 
such that the mean value equals one (0 dB). 

OFDM transmission is an example for transmission over a frequency-selective chan- 
nel. IEEE802.11a can be mentioned as one of the various systems applying OFDM. In 
OFDM, the information is encoded and mapped onto frequency subcarriers. Usually, 
it is applied in scenarios with large delay spreads with respect to the inverse trans- 
mission bandwidth, which means to have a frequency-selective channel over the 
transmission bandwidth. Therefore, the received subcarrier symbols after demodula- 
tion have in general experienced different fading amplitudes. The degree of subcar- 
rier fading depends on the delay spread and the tap weights of the Instantaneous 
channel impulse response. 
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One example for the frequency selectivity of a IEEE802.11a channel is depicted in 
Fig. 2. This is one snapshot for an rms delay spread of 150 ns, which is the assump- 
tion for the channel model C used in the IEEE802.11a standardization process. The 
IEEE802.11a channel bandwidth is 20 MHz and the band is divided into 64 subchan- 
nels. The circles mark the location of the individual subcarriers. The SNR values per 
subcarrier typically constitute the channel states SNRr. Again, the SNR values are 
normalized such that the mean value equals one. 

MIMO transmission schemes of the BLAST-type may be mentioned as one example 
for a space-selective channel. Thereby, the (potentially physically available) parallel 
MIMO channels are fed by parallel transmit streams or layers. These layers may be 
encoded in common by one code and spatially multiplexed afterwards. The transmis- 
sion over the MIMO channel results In interfering layers. Assuming a frequency-flat 
channel and applying a linear MMSE detector to the received signal vector in order to 
suppress the spatial interference, the symbol streams at the detector output, which 
are fed as soft bits to the decoder, experience in genera! different channel states in 
form of the detector output SNRs. This can be seen as channel varying over the 
space or the layers. The degree of variation depends mainly on the spatial correlation 
of the MIMO channel and also on the multipath profile. 

One example for the space selectivity of a MIMO channel is depicted In Fig. 3. This is 
a typical snapshot for a flat and uncorrelated 4x4 MIMO channel. The transmit an- 
tenna streams or layers are separated at the receiver by means of a linear MMSE de- 
tector. The SNR plotted in the figure is the SNR at detector output. The SNR values 
per layer typically constitute the channel states SNRk. The SNR values are normalized 
such that the mean value equals one. 

In multi-state communications scenarios as those mentioned above there is a need 
for a method and a receiver that allow to accurately determine the quality of a wire- 
less communications link. 

Summary of the Invention 

To satisf/ this need, the present invention provides a method of determining the 
quality of a wireless communications link on the basis of an encoded signal that Is 
transmitted via the communications link and that includes at least two signal portions 
experiencing different states of one or more transmission channels. The method 
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comprises the step of providing Individual channel quality values for the different 
channel states and the step of determining a quality measure indicative of the link 
quality by averaging the individual channel quality values in the exponential domain. 

The present invention may be used in various fields. It may for example be employed 
in context with error-rate estimation for coded transmissions over multi-state com- 
munications links. As has been mentioned before, the expression multi-state implies 
that during the duration of a signal transmission a channel state, e.g. the (Instanta- 
neous) signal-to-noise ratio (SNR) or signal-to-interference ration (SIR), is varying. 
This may originate from time-varying channel conditions, from frequency-selective 
conditions or from a space-selective behavior. 

The problem of estimating (e.g. predicting) the error-rate arises in many applications 
such as channel quality measurement and, on the basis thereof, link quality assess- 
ment for link adaptation, power control, link-to-system interface modeling, verifica- 
tion of simulation results, etc. The present Invention may serve as a basis for deter- 
mining appropriate measures required In such applications. 

The individual channel quality values may be provided in different ways. They may 
for example be obtained from (pedefined) pilot signals that are transmitted prior to 
the actual data transmission. 

For averaging the individual channel quality values various mean value functions can 
be used. As examples, non-linear (e.g. logarithmic or non-logarithmic) or linear mean 
value functions can be mentioned. During averaging, the individual channel quality 
values may be weighted by individual probability measures. The probability measures 
may characterize the channel states. 

The determination of the quality measure may be performed according to 

N 

}eff=-\o&( 5:pkexp(-?* a))-^, 
k=l 

wherein 

Yeff Is the quality measure, 

Yk are the Individual channel quality values, 

N Is the number of signal portions included in the transmitted signal, 
Pk are probability measures for individual channel quality values and 
a and 3 are optional factors (that may equal 1). 
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At least one of the quality measure and the individual channel quality values may be 
adapted in dependence of the coding scheme and/or modulation scheme used for 
the encoded signal. For example a first correction term associated with a particular 
coding scheme can be used. The first correction term may be chosen such that a de- 
viation of a quality measure determined for a reference communications link from a 
quality measure determined for an actual communications link is minimal for a target 
link quality (e.g. a frame error rate (FER) or a bit error rate (BER)). Alternatively or 
additionally, a second correction term associated with a particular modulation scheme 
used for transmitting the signal via the communications link can be employed. The 
second correction term may depend on the Euklidean distance differences of the 
chosen modulation scheme relative to the modulation scheme of binary phase shift 
keying (BPSK) or any other modulation scheme. 

If one or more correction terms are to be used, the quality measure may be deter- 
mined according to 

yeff =-loge( § pkexp-( ^ ) ) *ycod* Vmod, 

lt=l ycod * ymod 

wherein 

Yeff is the quality measure, 

Yk are the individual channel quality values, 

N is the number of signal portions included in the transmitted signal, 

pk are probability measures for individual channel quality values, 

Ycod Is the first correction term associated with a particular coding format, and 

Ymod is the second correction term associated with a particular modulation scheme. 

It should be noted that in the above formula ycod or ymod may equal 1. 

A link quality parameter (e.g. an estimated FER or BER) for the communications link 
may be derived on the basis of the quality measure. The link quality parameter may 
be determined in various ways. According to a first variant it may be determined 
from a look-up table associating quality measures with link quality parameters. Ac- 
cording to a further variant, a calculation routine may be used to derive the link qual- 
ity parameter from the quality measure. 

The quality measure or a parameter derived therefrom may be transmitted back to a 
transmitter of the encoded signal. Thus, a control loop may be established, e.g. for 
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link adaptation In dependence of the quality measure or the parameter derived there- 
from. During link adaptation, the encoding scheme, the modulation scheme or the 
transmit power of signals to be transmitted via the communications link may be con- 
trolled. Power control may include a single power control loop or two or more nested 
power control loops. In the case of a single power control loop adapting the commu- 
nications link may include an inner-loop power control that is based on the quality 
measure or the parameter derived therefrom, thus omitting an outer-loop power con- 
trol for controlling a setpoint (e.g. a target link quality parameter) of the inner-loop 
power control . 

The quality measure or a parameter derived therefrom may be used in context with 
allocating a transmit power to signal re-transmissions. Such re-transmission are for 
example performed when an Incremental redundancy technique (like a packet-based 
hybrid ARQ technique) is implemented. Signal re-transmission need not necessarily 
be a strict repetition of the original signal. For example further redundancy may be 
included in the re-transmitted signal (as is the case In hybrid ARQ). 

A further aspect of the invention relates to completely or partially replacing current 
transmission resources (i.e. individual frequencies, antennas, time slots etc.) if the 
quality measure or a parameter derived therefrom satisfies a predefined condition. 
I.e. is out of a predefined range or falls below a predefined threshold. 

The individual channel quality values may be obtained for symbols of a code word 
transmitted by means of the signal, i.e. may be obtained symbol-based. The symbols 
may be OFDM symbols or parts thereof. 

The individual channel quality values may relate to various parameters. They may for 
example be indicative of slgnal-to-noise ratios or signal-to-interference ratios or both. 

The present invention may be implemented as software, as a hardware solution, or 
as a combination thereof. Thus, the invention also relates to a computer program 
product with program code portions for performing the individual steps of the inven- 
tion when the computer program product is run on one or more computing units of 
the communication network. One or more of the computing units may be part of or 
co-located with a transcoder. The computer program product may be stored on a 
computer-readable recording medium. 

As regards a hardware implementation, the invention relates to a receiver with a 
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functionality for determining tlie quality of a wireless communications link that in- 
cludes one or more transmission channels with two or more different channel states. 
The receiver comprises one or more components for providing individual channel 
quality values for the different channel states and for determining a quality measure 
indicative of the link quality by averaging the transmission quality values in the expo- 
nential domain. The receiver may further comprise a unit for generating a signal that 
includes the quality measure or a parameter derived therefrom and that Is to be 
transmitted to a transmitter of the signal. 

According to a further aspect, the invention relates to a communications environment 
that includes the receiver and a controller for adapting the communications link in 
dependence of the quality measure or a parameter derived therefrom. TTie controller 
may be arranged on the side of the receiver (e.g. incorporated in the receiver) or on 
the opposite side, i.e. on the side on which the encoded signal has been generated. 

The controller may be configured to implement a power control scheme. In such a 
case the communications environment may further comprise a single (inner) power 
control loop which is based on a comparison of the quality measure or a parameter 
derived therefrom with a static target value (setpoint). 

The controller may be configured to adapt the communications link on the basis of 
an estimation of an average signal power for signals to be transmitted via the com- 
munications link. Alternatively or additionally, the controller may be configured to se- 
lect transmission resources completely or partially replacing the current transmission 
resources If the quality measure or a parameter derived therefrom satisfy a prede- 
fined condition, i.e. is out of a predefined range or falls below a predefined threshold. 

It should be emphasized that the present inventions is also valuable for an efficient 
interface between link and system simulations. Additionally, it may serve as an easy- 
to-handle means for verifying link simulation results. 
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Short Description of the Drawings 

In the following description of preferred embodiments, it Is referred to the enclosed 
drawings, wherein: 

Figs. 1 to 3 schematically illustrate different channel states; 

Fig. 4 illustrates a block diagram depicting the basic steps underlying 

the Invention; 

Fig. 5 is a diagram illustrating the soft bit information vs. SNR; 

Fig. 6 is a diagram exemplarily illustrating a multi-state channel MSI; 

Fig. 7 Is a diagram illustrating the benefits of the exponential ESM 

approach according to the invention; 

Fig. 8 is a table depicting suitable correction terms for various modulat- 

ion schemes; 

Figs. 9 and 10 are diagrams illustrating the benefits of the exponential ESM ap- 
proach with additional correction factors according to the inven- 
tion; 

Figs. 11 and 12 are tables illustrating various aspects of the invention; 

Figs. 13 to 25 show diagrams illustrating the benefits of the exponential ESM 
approach according to the Invention for various transmission 
scenarios; and 

Fig 26 is a block diagram showing an exemplary communications envi- 

ronment according to the Invention. 
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Description of preferred embodiments 

In the following description, for purposes of explanation and not limitation, specific 
details are set forth, such as particular embodiments, signal formats, etc. in order to 
provide a thorough understanding of the present invention. It will be apparent to one 
skilled in the art that the present invention may be practiced in other embodiments 
that depart from these specific details. In particular, while the following embodiment 
is described herein below in context with an exemplar/ link quality estimation 
scheme, the present invention is not limited to such an implementation. It can be 
utilized in any wireless communications environment that requires a transmission 
quality determination. Moreover, those skilled in the art will appreciate that the func- 
tions explained herein below may be implemented using individual hardware cir- 
cuitry, using software functioning in conjunction with a programmed microprocessor 
or general purpose computer, using an application specific integrated circuit (ASIC), 
and/or using one or more digital signal processors (DSPs). ' 

In order to promote the understanding of the present invention, preferred embodi- 
ments for determining the transmission quality of a communications link will de- 
scribed with reference to error-rate prediction on multi-state communications links 
employing so-called effective SNR. Therefore, the wording used In the following will 
be in line with the terminology commonly used there, e.g. channel will be uses to in- 
dicate a communications link in terms of the foregoing. 

The principle of effective SNR Is shown In Fig 4. 

The multi-state communications link can be characterized by a vector of SNR values: 

SNR= lSNRi,...,SNR/v] (1-2) 



As already mentioned there are numerous possibilities where such multi-state chan- 
nels may originate from. The main idea behind the effective SNR mapping (ESM) is 
that the vector SNR of multiple SNRs, which provides a full channel description or 
characterization, is mapped to a single SNR value, the scalar communications link de- 
scription. The goal Is to choose SNRefr such that the error rate performance of the 
considered MCS for transmission over the static AWGN channel (i.e. average white 
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Gaussian noise channel liaving a constant SNR = 1 state) characterized by 
SNR=SNReff matches the one for transmission over the multi-state channel 
characterized by vector SNR. 

Therefore, the performance of coded transmission over multi-state channels is ex- 
pressed in terms of the AWGN performance. Since the way how multiple channel 
states within one code word are exploited depends on the code features, the effec- 
tive-SNR mapping is in general code-dependent or MCS-specific. 

In the described embodiments, the ESM rule is adapted to the used channel code. 
This adaptation can be defined as: 

FERms{SNR) = FER^(SNR^//), with SNRe// = ESM(SNR) (1.3) 



Without loss of generality, frame error rate (FER) is taken here is an example for the 
desired error-rate prediction. FERms (SNR) is the FER on a multi-state channel de- 
scribed by SNR and FEReff denotes the FER on a one-state (AWGN) channel with 
SNR=SNReff. ESM (SNR) provides the mapping of the vector SNR to the scalar SNReff. 

To accomplish equation 1.3, two Issues need to be solved. First, the AWGN perform- 
ance of the considered MCS has to be known, which can be obtained by means of 
simulation or even analytic calculation (for convolutional codes). Second, an effective 
SNR mapping is to be derived, which allows for an accurate error-rate prediction. 

Possible methods of ESM are the linear and the logarithmic ESM, which are based on 
the linear and logarithmic mean SNR, respectively. 

The linear ESM is defined by: 

SNR,// = ESM„„(SNR) = £{SNR} = 1/^ SNR,, (1-4) 



where, E {.} is the operator for the expected value. 
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Essentially, the linear ESM is suited for smaller SNR variations and it is more appro- 
priate in the low SNR range. The reason is that high SNR values are quite strongly 
weighted due to the linear mean. This does not reflect, however, the code features 
since from a code point of view there is a certain threshold SNR, beyond which the 
channel can be seen as reliable. Hence, SNR values beyond such a threshold should 
be equally weighted whereas for the linear ESM those high SNR values dominate the 
mapping. 

The logarithmic ESM is defined by: 

N 

SNRe// = ESM,os(SNR) = exp(£;{Iog(SNR)}) = exp(l/7V log(SNRfc)). (1.5) 



Here, exp(.) denotes the exponential function and log(.) the natural logarithm. The 
arguments sketched for the linear ESM apply also for the logarithmic ESM. The over- 
estimation of high SNR values is less severe for logarithmic ESM because the weight- 
ing grows only logarithmic. But the logarithmic ESM exhibits an additional low SNR 
problem. According to the logarithm ESM, low SNR values are strongly weighted 
(with a negative sign). From a code point of view there is a certain threshold SNR, 
below which the channel can be seen as unreliable, namely as an erasure channel. 

In the following, the Union Chernoff bound is used to derive relationships between 
one-state and multi-state channels regardless of the involved code word distances. 
This is the basis for the exponential ESM and will be elaborated in the following sec- 
tion. 

The union bound for coded binary transmission and maximum-likelihood decoding Is 
given by: 

Pc{Es/No)< f: aaP2{d,Es/No), (2.1) 

•rf=dmin 

where 

- Pe(Es/No) Is the probability of deciding in favor of a wrong code word when the 
channel symbol SNR equals Es/No, 

- Es \s the mean energy per transmit symbol. 
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- No is the noise power density, 

- dmin is the minimunn Hamming distance of the binary code, 

- Ofj Is the number of code words with Hamming weight d, and 

- P2(d, Es/No) is the pair wise error probability of deciding in favor of a code word at 
Hamming distance d when the channel symbol SNR equals Es/Nq. 

The union bound as stated above assumes a linear binary code, which means that 
the distance distribution seen from any code word is the same. Hence, it is sufficient 
to consider the Hamming weight (instead of distance) distribution of the code, which 
corresponds to the assumption that the all-zero code word Is transmitted. 

The core element of the union bound expression above is the palrwise error probabil- 
ity (PEP) p2(d,Es/No). It reads for BPSK transmission over an AWGN channel and 
maximum-likelihood decoding 



Q{x) = 1/2 • evic{x/V2) = Sr e-*'^^dt, a: > 0, 

Is the Q-functlon, a derivative of the complementary Gaussian error function erfc(x), 
and 

- y = Es/Nq Is Introduced as abbrevatlon for the symbol SNR 

In practice, the maximum-likelihood decoding can be achieved by the Viterbl convo- 
lutional decoder and approximated by the iterative turbo decoder. Applying the 
Chernoff bounding technique, the upper bound on the Q-functlon is given by: 



P2id, Es/No) = Q{J2^d) = Q(v/2^) = P^.l), 





(2.2) 



where 



Q{x) < e 



(2.3) 



This leads to the upper bound on the PEP 
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where the expression p2,chemoff (cl,y) denotes the ChernofP bound on P2(d,y). For the 
one-state channel considered so far In the derivation. It can be observed that: 

F2,Chernoff(rf,7) = e"^^ = (e'^)'' 

= [P2.Che^^off(l,7)]^ (2.5) 

which means that the Chernoff-bounded PEP is directly coupled to the Chernoff- 
bounded (uncoded) symbol error probability. Therefore, the Chernoff-bounded error 
probability P2,oiemoff (y) only depends on the weight distribution of the code and the 
Chernoff-bounded (uncoded) symbol probability, namely: 

Pe{y)< E arfP2(rf,7)< f; a,[P2.chernofr(l.7)]''=P..Chernoff(7) (2.6) 



There Is no further need to calculate explicitly the palrwise error probabilities for all 
considered weights d individually. This feature will play the decisive role when defin- 
ing the exponential ESM below. 

The principles of the Union Chernoff bound for multi-state channels shall now be ex- 
plained at the simple example of a two-state channel. The result may be extended to 
multi-state channels In a straightforward way. The two-state channel can be 
characterized by the SNR vector: 



7 =[71,72]- (2.7) 

In general, the two states may occur with unequal frequency or probability seen over 
the code word. Therefore, the probability pk is defined as occurrence probability 
within the code word length for the SNR value yn / k = 1/2, whereby pi + pz = 1. 
Furthermore, the SNR values are assumed to be independent of each other which 
requires a corresponding interleaver in practice. Let us now look at two arbitrary 
code words with Hamming distance d. The SNR value, either yi or y2, associated to 
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each of the d difference symbols is depending on the respective symbol position. 
That means, the exact PEP for these 2 code words in case of a 2-state channel de- 
pends no longer on the distance d only, but also on the position of the d difference 
symbols. Thus, the union bound approach in the classical sense that all code word 
pairs are compared would require detailed code knowledge about bit positions and 
this is not feasible in practice. A solution to this problem is to use the mean PEP av- 
eraged over all possible positions of the d difference symbols. This is equivalent to 
average over all possible cases how the SNR values yi and yz may be distributed 
among the d difference symbols. The Chernoff-bounded PEP can be expressed as: 

P,.c«{d,l7.,72l) = E Qpipr'e-(-'+<-'>->. (2.8) 

For explanation, pi ' P2''"' represents the probability that I of the d difference symbols 
are associated with 71 and the residual (d - i) ones with yz. There are (ft such events 
and exp[-(iyi+(d-l)y2)] is the Chernoff-bounded PEP for such an event. 

Rewriting of equation (2.8) and applying the binomial theorem yields: 

/'2.Cher„ofr(d.[7i.72j) = E (^) (pi^-^' )' (i^^""')'"' (2-9) 
= {pie-"" +P2e-''^y . (2.10) 

The term in brackets is the averaged Chernoff-bounded symbol error probability on 
the two-state channel. Therefore, the relationship in equation (2.5) found for the 
one-state channel can also be verified to be valid on the two-state channel: 

A.Chernoff(rf, [7l,72]) = f^2.Chernofr(l , [7l,72])]''. (2.11) 



By applying the polynomial theorem it can be shown that the same result is valid for 
the multi-state channel: 
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P2.Cher„ofr{d.7) = (P2.Chernofr(l , 7)]''- (2-12) 



This feature of the Chernoff-bounded PEP Is exploited In the following to derive the 
exponential ESM. 

The goal Is to find an effective SNR value yeff of an equivalent one-state channel 
such that the Chernoff-bounded error probability equals the one on the multi-state 
channel: 

-Pc,Chernoflr(7e//) = /e.ChernofrCf)- (2- 13) 

Due to the feature stated In equation (2.12), this goal Is achieved by matching the 
respective Chernoff-bounded symbol error probabilities: 



■p2.Chernoff(l,7e//) = /^2.Chernoff(l, f)- (2-14) 



Inserting the Chernoff bound expressions here results in the formula how to calculate 
the effective SNR according to the exponential ESM: 

7e// = ESMe,p{7) = - Iog,(£:{exp(-7)}) = - log, (J^Pke-^"^ (2.15) 



The name exponential ESM is due to the expression in brackets, where the mean 
SNR is taken in the exponential domain. It shall be emphasized that although the ex- 
ponential ESM is derived via the Union bound for coded transmission, no knowledge 
on the code weight or distance distribution is required unlike for the Union Bound it- 
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self. It is Obvious from equation (2.15) that the l<nowledge of SNRs yk corresponding 
to the multiple channel states is sufficient to calculate the effective SNR. 

The exponential ESM given in equation (2.15) provides an effective SNR such that 
the Union Chernoff bounds for the multi-state channel and the equivalent 1-state 
channel are the same. 

The exponential ESM is based on the error-rate calculation via the Union bound. The 
resulting expression equation (2.15) is simple to use in practice and show good re- 
sults. An alternative way to develop an effective-SNR mapping is what can be called 
the information-value approach. It turned out that there are many similarities how to 
map the multi-state SNRs on the effective one for the information-value approach 
and for the Union Chernoff bound one, although the underlying concepts are quite 
different. 

One aspect Is how Is the code performance affected if the symbols within one code 
word experience different channel states. Seen from a decoder point of view, the 
situation can be interpreted as that the soft bits fed to the decoder exhibit different 
reliabilities or in other words provide different information values, since e.g. a very 
reliable soft bit provides already information close to 1 bit. So, a question is what Is 
the mean information value that allows for correct decoding if different information 
values are present at the decoder Input. 

To put it more formal, the soft bit information value corresponding to a channel state 
Yk shall be denoted by I (yu). The classical information value from information theory 
is the mutual Information between channel input and output or mapped to the pre- 
sent case between encoder-output bit and decoder-input soft bit. Indeed, the chan- 
nel coding theorem states that an ideal code and decoder is capable of transmitting 
reliably at a code rate equal to the mutual information of the channel, which is In our 
case equal to the channel capacity for BPSK transmission. The information measure 
based on the capacity for BPSK on AWGN can be defined as: 
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■ wherein P (Y I X, yk ) is the AWGN transition probability density conditioned on 
transmit symbol X and channel SNR equal to ykand P(X)=l/2 is the BPSK symbol a- 
priori probability. R is the set of real numbers. The expression equation (2.16) has to 
be evaluated numerically, there is no closed-form solution to it. It is therefore benefi- 
cial to store the BPSK capacity values for an appropriate SNR grid in a table. 

Furthermore, the channel coding theorem states that reliable transmission on multi- 
state channels Is possible at a rate equal to the average mutual information on the 
multi-state channel. Hence, from an information theory point of view, the effective- 
SNR mapping for capacity-achieving codes with infinite code length Is obtained via in- 
formation averaging and mapping the information back to SNR: 

7e// = I-'ilav) 

la. = Ep*/(7.), (217) 

fc=l 

where r^(.) is the inverse function of I (.). It delivers the SNR value that corre- 
sponds to a certain information value. Thereby, the information value I (yk) Is as- 
sumed to be the BPSK channel capacity. 

Practical codes, however, do not show the mentioned capacity-achieving feature. 
Therefore, other information measures could be of Interest as well. Known informa- 
tion measures are for example: 

1 - log2 (l + e-T'*/2) , BPSK cutoff rate (2.18) 
i loga (1 + 7a) , AWGN capacity, real Gaussian input (2.19) 

In order to compare features of different effective-SNR mappings, it is possible to 
formally define further information measures corresponding to known ESMs, e.g. lin- 
ear ESM, logarithmic ESM, exponential ESM: 



/«o(7/fc) = 



hinhk) = 7*, linear ESM 



(2.20) 
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^logilfk) = log(7fc), logarithmic ESM 
hxpilfk) = l-e"'^*, exponential ESM 



(2.21) 
(2.22) 



The exponential ESM is modified compared to equation (2.15) such that the informa- 
tion value is increasing with increasing SNR. 

The information averaging and re-mapping as in equation (2.17) is proven to be the 
correct information theoretic way of Information handling in case of binary coded 
transmission for the BPSK capacity measure only. Nevertheless, this principle shall be 
also applied to the other stated Information measures. 

In Fig. 5 the information measures mentioned so far are plotted as information value 
in bit versus SNR y. To allow for a comparison, all curves were shifted such that I(y = 
0 dB)=l/2. Moreover, the logarithmic ESM was calculated for the logarithm base of 
20 to have a slope similar to the other curves. 

The first observation Is that the measures lexp, Iro, and Ic have similar characteristics 
and are hardly distinguishable in the plot. This result states that the exponential ESM 
may be also motivated from an Information-value approach as an easy-to-calculate 
Information measure approaching the information theoretic ones Iro and Ic- 

A further apparent feature of the measures lexp, Iro, and Ic Is that they are bounded 
between 0 and 1. Regarding these quantities as soft bit information, this seems to be 
trivial. 

IHowever, this feature leads to the weakness of the "traditional" linear and logarith- 
mic ESM. 

The linear ESM Is highly overestimating the Information increase for SNRs higher 
than the operating point y = 0 dB or in general the linear ESM is not suited for high 
SNRs. Especially the big slope for information values beyond 1 makes the linear ESM 
inappropriate for multi-state channels with large variation in the different SNRs. In 
principle, the same argumentation does hold for Icauss, although 

Icauss shows already 

some improvements over Iim 



Telefonaktiebolaget LM Ericsson (publ) - 19 - 



EPA-91 103 
29.04.2003 



The logarithmic ESM Is essentially In line with the information theoretic measures up 
to 1 bit. The main wealcness of the logarithmic ESM shows up in the range far below 
the operating point or in general for low SNRs or low rates where even negative in- 
formation values appear. From an information value point of view, this has to be in- 
terpreted as that there are channel states annihilating the information coming from 
other states. Therefore, the logarithmic ESM is not well suited for low SNRs or low 
rates on multi-state channels with significantly different states. It should be noted 
here that bounding the respective information measures of linear and logarithmic 
ESM as well as Icauss between 0 and 1 bit already accomplishes a great improvement 
of the error-rate prediction. 

For the sake of visualizing the differences of the discussed information measures, the 
curves In Rg. 5 were normalized by shifting the x-axis such that I (y= 0 dB)=l/2. 
Hence, the question remained open whether there Is a criterion how to shift the x- 
axls In order to obtain a good error-rate prediction. Keeping the Information-value In- 
terpretation in mind, one shifting solution could be to normalize the Information 
measure such that I(y = ytar)=Rc. Thereby, ytar Is the target SNR for which the binary 
code achieves the target error-rate performance on the AWGN channel, and, Rc Is the 
rate of the binary code. 

In the following. Implementation of the above described embodiment (exponential 
ESM) Is described and Its accuracy Is determined. 

The Implementation of exponential ESM for a certain MCS consists of four steps: 

1. The coded error rate performance over the AWGN channel has to be de- 
temlned either by simulations or calculations. 

2. The coded error rate performance over an exemplarily chosen multi-state 
channel has to be simulated. 

3. The accuracy of the exponential ESM has to be evaluated. 

4. Improve the accuracy by determining a code specific SNR offset ycod- 

In the following, an exemplary MCS is taken to describe the basic procedures and to 
show the achievable accuracy of the error rate prediction by the exponential ESM. 
The chosen MCS Is determined by a turbo code (TC) of rate R = 1/3 and the symbol 
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alphabet BPSK. This MCS is further referred to as MCSl. The block length was arbi- 
trarily chosen to B| =764 resulting in a code word length including 12 tall bits of 
Lcw=764*3/1+12=2304. It will be shown later that the presented exponential ESM Is 
applicable to arbitrary block lengths without any changes. 

The example multi-state channel used to show the basic procedure of implementing 
step 2 of the exponential ESM is in the following referred to as channel MSI. The 
channel MSI is characterized by 16 different SNR values. The 16 different SNR val- 
ues are periodically repeated over the code word and the SNR difference between 
two adjacent symbols is 1.8 DB, i.e. the difference between the first and the 16th 
symbol is 15*1.8=27 dB (see Fig, 6). It shall be emphasized that channel MSI has 
already a large variation in SNR. In contrast to the "real-world" examples in Fig. 1, 2, 
and 3 most SNR values differ significantly from the mean value. 

The number of different subcarrier SNRs and the increment between two adjacent 
symbols is more or less arbitrarily chosen. The only requirement is that the number 
of different SNR values and the total range of SNR values Is sufficiently high in order 
to test the suitability of the exponential ESM also for extreme cases and to achieve 
more accuracy in the configuration of the MCS-specific SNR offset as explained be- 
low. 

As already described, the first step Is to evaluate the error rate for the respective 
modulation and coding scheme - in this example MCSl - over the AWGN channel. 
This was done by a simulation and second, the error rate over an arbitrarily chosen 
multi-state channel - in this case the channel MSI - was determined by a simulation 
as well. 

As a third step, the exponential ESM given in equation (2.15) is applied to calculate 
Yeff for channel MSI. That means the vector channel description y of the multi-state 
channel is mapped to the scalar one yeff • Expressed in terms of error rate this reads: 



FERms(7) = FERMs(7e//) ■ (3-1) 

In Fig. 7a both the frame error rate (FER) for AWGN and channel MSI are shown 
versus yeff . The exponential ESM would enable to accurately predict the FER if both 
curves were congruent, since the target can be stated as: 
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FER^sheff) != FER^(7e//). 



(3.2) 



In order to visualize the quality of the ESM the error measurement Ayefr is defined as: 



It is plotted in Fig. 7b. One can see that the accuracy depends on the FER and varies 
between -0.4 dB and -0.6 dB for a FER of 10'^ and 1, respectively. As already men- 
tioned, to improve the accuracy of the exponential ESM an offset ycod shall be intro- 
duced in a fourth step and the modified exponential ESM reads as follows: 



Thereby, a second SNR correction term yeff is Introduced, which adapts the ESM to 
any symbol alphabet. Since the original derived formula equation (2.15) is valid for 
the equivalent channel for binary transmission. In Fig. 8 the respective values for yefr 
for the different symbol constellations used in this report are given. Here, in view of 
equation (3.4), it has to be noted that Fig. 8 refers to values in dB. 

For 16QAM the 8 dB represents only an approximation, since 16QAM itself can al- 
ready be seen as a multi-state channel from a binary symbol transmission point of 
view. It has turned out that the 8 dB assumption works quite well and therefore, we 
stick to it. Furthermore, the SNR offset ycod will reduce the error, which is introduced 
by the approximation of ymoofor 16QAM. 



A7,,^(FER) = 7e,/|, 



La=FER 



— 7«//Iferms=fer- 



(3.3) 




(3.4) 
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ycod is chosen such that: 

Ayeff(FERtar) = 0 , (3.5) 

wherin FERtar is the target FER. This guarantees a high accuracy for the operating re- 
gion. 

By adapting ycod according to the respective MCS the degree of congruence of both 
curves In Fig. 8a can be Improved resulting in a lower A^efr . The result for 
ycod =-1.0 dB Is shown In Fig. 9. 

The four steps described above are sufficient to fully determine the exponential ESM 
for the particularly chosen MCSl. 

In order to prove that the exponential ESM with ycod =-1 dB provides accurate error 
rate prediction, simulations over two more different multi-state channels were per- 
formed using MCSl. The results depicted In Fig. 10 show that the accuracy is the 
same for all used multi-state channels. The multi-state channel referred to In the fol- 
lowing as channel MS2 Is characterized by 4 different SNR values differing by 6 dB 
and the channel MS3 Is characterized by 256 different SNR values differing by 0.08 
dB. As a summary it can be stated that the exponential ESM together with an MCS 
specific SNR offset provides an efficient, accurate and easy-to-use method to predict 
the error rate of coded transmission over multi-state channels. 

It was shown that by introducing an MCS specific SNR offset the accuracy of the ex- 
ponential ESM can be significantly Improved. In the following simulation results for 
other MCS given in Fig. 11 are shown. For each MCS a specific SNR offset is deter- 
mined and as a reference also listed in Fig. 11. From comparing MCSl and MCS7 one 
can see that these modulation and coding schemes differ only with respect to their 
modulation scheme. Therefore, the SNR offset ycod is identical in both cases. 

Furthermore, the effect of the block length is shown and, last but not least, simula- 
tion results for the linear and the logarithmic ESM are shown in order to compare the 
achieved accuracy of the exponential ESM with the one of traditional methods. 

In order to prove that the accuracy of the exponential ESM is independent from the 
actual channel condition various multi-state channels were used for the simulations 
see Fig. 12. The multi-state channels MS5 and MSIO represent e.g. the situation 
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where the different SNR values within one code word do not differ significantly. In 
contrast to this the multi-state channel MS13 provides highly varying SNR conditions 
within one code word. It is obvious and can be seen from the simulation results in 
this section that this is the most challenging situation for predicting the error rate. 

In Fig. 13 the simulation result for the MCS5 are depicted. In order to provide a good 
congruence the SNR offset was chosen as yood = -0.45 [dB], while ymod = 3 [dB] due 
to QPSK modulation (see Fig. 8). From Fig. 13b one can see that the deviation is 
within +-0.2dB even for the highly varying SNR conditions within one code word 
(channel MS13). 

In Figs. 14 to 17, the simulation results for MCS2, 3, 4, and 6 are shown. For all MCS 
the error in predicting yeff is within +-0.2 dB. 

In the following the impact of the block length on the exponential ESM Is evaluated. 
The first two figures (Fig. 18 and Fig. 19 show the FERyefr and Ayeff (FER) for the 
modulation and coding scheme MCS7 for a blocic length of Bl=764 and Bl=3068, re- 
spectively. In both cases the optimum result was obtained using an SNR offset 
ycod = -1 dB. 

The Fig. 20 and Fig. 21 show the FER(yeff) and Ayefr (FER) for the modulation and 
coding scheme MCS4 for a block length of Bl=1292 and Bl=5180, respectively. In 
both cases the optimum result was obtained using an SNR offset ycod = -0.45 dB. The 
simulation results presented here show that the SNR offset ycod is independent from 
the block length and therefore depends only on the coding scheme. 

For MCS3 and MCS4 the simulation results for the linear ESM are shown in Fig. 22 
and Fig. 23, respectively. For the code rate of R=l/2 it is significant that the linear 
ESM heavily overweights higher SNR values. Therefore, the error Ayefr is negative (up 
to -20 dB). For lower code rates e.g. R=l/8 the linear ESM works better as could be 
expected from Fig. 5. In this case the overweighting of high SNR values plays a less 
significant role but still the error Ayeff is up to -3 dB. 

Furthermore, in Fig. 24 and Fig. 25 the simulation results for the logarithmic ESM are 
shown. For the code rate of R=l/2 it is significant that the logarithmic ESM over- 
weights higher SNR values. Not to that extent as the linear ESM but still the error 
Ayeff is negative (up to -7 dB). For lower code rates e.g. R=l/8 it becomes important 
that the logarithmic ESM weights low SNR values with a negative sign. This leads to 
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the fact that the Ayeff is positive. Again, the multi-state channel MS13 resulting In 
highly varying SNR values within one code word provides the highest error Ayeff of 
up to 10 dB. 

In the following possible applications of the present invention are described. 

In power controlled systems, such as UMTS and CDMA2000, which are based on 
CDMA, outer-loop power control Is usually used to compensate inner-loop SNR target 
differences under different channel conditions, particularly Doppler spreads. For ex- 
ample, under conditions with low Doppler due to low velocity of the mobiles, the 
outer-loop power control (slow acting power control) adjusts the target SNR of the 
inner-loop power control (fast acting power control). If the resulting link quality pa- 
rameter (e.g. BER, FER) deviates from the wanted one. If now the channel condi- 
tions change, e.g. higher Doppler (higher velocity) or more frequency selectivity, the 
link quality parameter deviates again from the wanted one. In this case the outer- 
loop power control changes again the target SNR of the fast acting Inner-loop power 
control to adjust the performance. This is necessary because in the standard a linear 
averaging of the channel quality values is performed, which results in inaccurate es- 
timates of the link quality parameter and especially to estimations depending on the 
channel conditions. 

Using the present invention, which provides - as an embodiment - a channel-inde- 
pendent, accurate effective exponential SNR mapping (ESM), it is always possible to 
translate a given channel condition to the equivalent static AWGN case. Therefore, 
the present invention is a unified measure for transmitted power and its correspond- 
ing link quality parameter (e.g. FER, BER) regardless of different channel conditions. 
As a result, outer-loop power control can be omitted In view of the accurate link qual- 
ity determination provided by the present invention in form of exponential ESM. 
Omitting outer-loop power control can result in a significant system gain, since the 
capacities previously used for outer-loop power control can now be utilized other- 
wise; for example, 1/8 rate voice null-frame could be used for other purposes. 

In CDMA systems with power control the question arise what power should be allo- 
cated for the further transmissions. 

In systems using the hybrid ARQ technique incremental redundancy (IR) the inven- 
tion can be used to calculate the exact power allocation for further transmission 
within the IR scheme. IR Is a hybrid ARQ technique. In IR a packet Is sent first with a 
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high code rate, in extreme cases not encoded. If the packet is received successfully, 
this condition Is considered to be acceptable. 

If the packet Is not received successfully a second transmission Is Initiated. The con- 
tent of the second transmission is redundant information to be exploited by the de- 
coder in the receiver. That means, the decoder in the receiver combines the received 
signal from the first and the second transmission resulting In virtually higher code 
rate. 

If the packet is decoded error free, no further actions in that regard are taken; oth- 
enwise, a further transmission is initiated with further redundant Information, again 
reducing the code rate. This procedure is repeated In that manner until the packet is 
received successfully or a predicted threshold for the number of transmissions is ex- 
ceeded. 

In the following, with reference to Fig. 26, embodiments of transmitters and receiv- 
ers, both thereof being adapted for communications in a wireless communications 
environment, are discussed. 

As Illustrated in Fig. 26, a signal S, which is transmitted from a transmitter T by 
means of a signal transmission unit STU thereof via a wireless communications link 
CL, Is received by a receiver R. The received signal is demodulated by a demodula- 
tion unit DU of receiver R and forwarded for further signal processing, for example, 
by means of a RAKE combiner unit RCU, an interference cancellation unit ICU and a 
deinterleaving/decoding unit D/DU of receiver R. 

In the illustrated embodiment, the method according to the present invention is car- 
ried out on the basis of signals outputted from demodulation unit DU. As indicated in 
Fig. 26 by the dotted lines, it is also possible to carry out the method according to 
the present invention on the basis of signals outputted from RAKE combiner unit 
RCU, interference cancellation unit ICU and deinterleaving/decoding unit D/DU. 

By means of a transmission quality determination unit TDU, the receiver determines 
the transmission quality of the received signal S and generates a respective quality 
measure yeff • The thusly obtained quality measure yeff Is used to determlnea link 
quality parameter, for example, a frame error rate FER and/or a bit error rate BER of 
the received signal S. 
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By means of a quality measure transmission unit QMTU, the receiver communicates, 
via the communications llnl< CL, the quality measure yefr or a link quality parameter 
derived therefrom. 

Having received the quality measure veff or a parameter derived therefrom, the 
transmitter T is enabled to perform a link adaptation as regards communications link 
CL by means of a link adaptation unit LAU. 

In case, the transmitter T receives the quality measure yefr, the transmitter T deter- 
mines, for example by means of the link adaptation unit l_AU, parameters indicating 
the link quality of communications link CL on the basis of the quality measure yeff. For 
example, the transmitter T can determine the frame error rate FER and/or the bit er- 
ror rate BER of the communications link CL. 

In case the transmitter C receives, instead of the quality measure yeff, parameters de- 
rived therefrom indicating the link quality of the communications link CL, the latter 
can be used for link adaptation. 

On the basis of the quality measure yefr or measures parameters derived therefrom, 
the transmitter T performs, under control of the link adaptation unit, a link adapta- 
tion as regards communications link CL, for example by controlling the signal trans- 
mission unit STU such that the signal power for signals to be transmitted via the 
communications link CL is varied and/or appropriate coding and modulation schemes 
are selected and/or signal power is allocated for subsequent transmissions. 

Although embodiments of the method and device of the present invention have been 
illustrated in the accompanying drawings and described in the foregoing detailed de- 
scription, it will be understood that the invention is not limited to the embodiments 
disclosed, but is capable of numerous rearrangements, modifications and substitu- 
tions without departing from the spirit of the invention as set forth and defined by 
the following claims. 
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CLAIMS ^^^'J^^'^h^ 

^ B. April 2003 

1. A method of determining the quality of a wireless communications llnic on the 
basis of an encoded signal that is transmitted via the communications link and that 
includes at least two signal portions experiencing different states of one or more 
transmission channels, comprising the steps of: 

- providing individual channel quality values (yk) for the different channel states, and 

- determining a quality measure (yeff) indicative of the link quality by averaging the 
Individual channel quality values (yk) in the exponential domain. 



2. The method according to claim 1, wherein 

a non-linear mean value function is applied to average the individual channel quality 
values (yic). 

3. The method according to claim 1 or 2, wherein 

each individual channel quality value (yO is weighted by a probability measure (pk) 
indicative of a probability for a signal portion experiencing the respective channel 
quality value (yO. 

4. The method according to one of claims 1 to 3, wherein 

the determination of the quality measure (yefr) is performed according to 

N 

jeff = - logB ( Zpk exp (-;* • or)) • /? , 
k=l 

wherein 

yeff is the quality measure, 

Yk are the Individual channel quality values, 

N Is the number of signal portions included in the transmitted signal, 
Pk are probability measures for individual channel quality values and 
a and p are optional correction factors. 

5. The method according to one of the preceding claims, wherein 
at least one of 

the quality measure (yeff) and 
the individual channel quality values (yk) 
is adapted by at least one of 

- a first correction term (yood) associated with a particular coding scheme (MCS) used 
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for transmitting the signal via the communications linl<, and 

- a second correction term (ymod) associated with a particular modulation scheme 
used for transmitting the signal via the communications link. 

6. The method according to claim 5, wherein 

- the first correction term (ycod) is chosen such that a deviation (Ayefr) of a quality 
measure (yeff) determined for a reference communications link from a quality meas- 
ure (Yeff) determined for an actual communications link is minimal for a target link 
quality parameter (FERtar, BERtar)- 

7. The method according to one of the preceding claims, wherein 
the quality measure (yeff) is determined according to 

yeff = -loge( § pkexp-( ^ ) ) * Vcod * V mod , 

k=l ycod * ymod 

wherein 

Yeff is the quality measure, 

Yk are the individual channel quality values, 

N is the number of signal portions included in the transmitted signal, 

Pk are probability measures for individual channel quality values, 

ycod is a first correction term associated with a particular coding format, and 

ymod is a second correction term associated with a particular modulation scheme. 

8. The method according to one of the preceding claims, further comprising de- 
termining a link quality parameter (FER, BER) for the communications link on the ba- 
sis of the quality measure (yk). 

9. The method according to claim 8, wherein 

the link quality parameter (FER, BER) is determined from a look-up table associating 
quality measures with link quality parameters. 

10. The method according to one of the preceding claims, further comprising 
transmitting the quality measure or a parameter derived therefrom (yk, FER, BER) 
back to a transmitter of the encoded signal. 

11. The method according to one of the preceding claims, further comprising 
adapting the communications link in dependence of the quality measure or a pa- 
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ra meter derived therefrom {yen, FER, BER). 

12. The method according to claim 11, wherein 

adapting the communications link includes controlling the transmit power of signals 
to be transmitted via the communications link. 

13. The method of claim 11 or 12, wherein 

adapting the communications link includes adapting at least one of a coding scheme 
and a modulation scheme. 

14. The method according to one of claims 11 or 13, wherein 

adapting the communications link Includes an inner-loop power control that Is based 
on the quality measure or the parameter derived therefrom (yeff, FER, BER) omitting 
an outer-loop power control for controlling a setpoint of the Inner-loop power control. 

15. The method according to one of the preceding claims, wherein the quality 
measure or a parameter derived therefrom (yeff, FER, BER) is used in context with al- 
locating a transmit power to signal re-transmissions that are performed according to 
an Incremental redundancy technique. 

16. The method according to one of the preceding claims, further comprising 
completely or partially replacing transmission resources currently in use if the quality 
measure or a parameter derived therefrom satisfies a predefined condition. 

17. The method according to one of the preceding claims, wherein 

the individual channel quality values (yk) are obtained for symbols of a code word 
transmitted by means of the signal. 

18. The method according to claim 17, wherein 
the symbols are OFDM symbols or parts thereof. 

19. The method according to one of the preceding claims, wherein 

the individual channel quality values (yO are indicative of signal-to-noise ratios (SNR) 
or signal-to-interference ratios (SIR). 

20. A receiver with a functionality for determining the quality of a wireless com- 
munications link that includes one or more transmission channels with at least two 
different states, comprising one or more components for: 
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- providing individual channel quality values (yk) for the different states, and 

- determining a quality measure (yeff) indicative of the link quality by averaging the 
transmission quality values (yO in the exponential domain. 

21. The receiver according to claim 20, comprising 

a unit for generating a signal that includes the quality measure or a parameter de- 
rived therefrom (yeff, FER, BER) and that Is to be transmitted to a transmitter of the 
signal. 

22. A communications environment for communications via wireless communica- 
tions links, comprising: 

- the receiver according to one of claims 20 or 21, and 

- a controller for adapting the communications link according to the quality measure 
or a parameter derived therefrom (yeff, FER, BER). 

23. The communications environment of claim 22, wherein the controller is con- 
figured to implement a power control scheme and further comprising a single power 
control loop which Is based on a comparison of the quality measure or a parameter 
derived therefrom (yeff, FER, BER) with a static target value. 

24. The communications environment according to claim 22 or 23, wherein 

the controller is configured to adapt the communications link on the basis of an esti- 
mation of an average signal power for encoded signals to be transmitted via the 
communications link, 

25. The communications environment according to one of claims 21 to 23, 
wherein the controller is configured to select transmission resources completely or 
partially replacing the current transmission resources if the quality measure or a pa- 
rameter derived therefrom satisfies a predefined condition. 
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ABSTRACT ^P^i^'^/c, 

2 S. April 2003 

A method and a receiver for determining the quality of a wireless communications 
link are described. The link quality is determined on the basis of an encoded signal 
that is transmitted via the communications link and that includes at least two signal 
portions experiencing different states of one or more transmission channels. The 
method comprises the steps of providing individual channel quality values for the dif- 
ferent channels and determining a quality measure Indicative of the link quality by 
averaging the individual channel quality values in the exponential domain. 
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